ool Heraensardyv mnvaolve ('(n)z/,\h'x «"ndln;) alporithms. 1f 1t
1 opecessary 10 decode an HDTV wansoussion completels
in order 1o extract a low-resolution video signal for display
in a small low-performance receiver, the receiver cannot
be so low in cost. It is much better to use a pyramid
coding scheme in which the simplest receivers deal only
with the lowest level of the pyramid and can therefore use
the simplest and least expensive decoder,

Interoperability is also affected by the channel coding
scheme. Ideally, one would like 8 range of encoders of
different quality (resolution) to be able to communicate
with a range of decoders. In this way receivers of different
price and performance could all accept the ssme transmit-
ted sigosl, while the signals transmitted from a range of
encoders of different resolution would all be acceptable
by all decoders. One way in which this can be done is
discussed in Section II-D.

B. Noise and Interference Control

Noise can usually be defeated by transmitting at higher
power, although some limits are set by practical and eco-
nomic coosiderations. However, the main limitation on
transmitted power comes from the need not to interfere
excessively with other stations. In the case of HDTV,
the RCC's intended transition scenario calls for adding
HDTV stations while curent NTSC stations remain on
the gir. This must be done without materially reducing the
latter’s coverage, while at the same time attaining adequate
coverage for the new transmissions. After NTSC is shut
down, only HDTV stations will remain en the air, and
they must have coverage similar to todsy's stations, but
within & reduced overall spectrum allocation. It is clear
that HDTYV signals maust be recoverable at lower CNR than
now required for NTSC and that they must have better
interference performance. To the extent that digital data
is transmitted, error correction and concealment must be
implemented in order to achieve appropriate image and
sound quality. To the extent that analog information is
transmitted, the recovered signals must have sppropriate
SNR.

For best noise performance in the additive white Ganssian
noise channel, the spectrum of sigasls should be wniform.

1) Noise Performance for Digltal Dota: Within a given
channel capacity as limited by bendwidth and CNR, errors
cansed by noise are correctsble, in principle, by coding,
as long as the Shannon rate is-not exceeded. The closer
the total transmission rate (signal data plus error-correction
data) to the Shannon chamnel capacity, the higher the
uncorrected (raw) error rate. To achieve net transmission
rates that are a substantial fraction of the Shannon rate,
the raw error rate must be quite high. A combination of
cuter Reed/Solomon plus inner trellis coding has proved to
be an effective method with manageable complexity and
coding delay {27]. A corrected bit-error rate (BER) of Sx
108 is the generally accepted threshold of service, as rmrmor
concealment is effective at that rate.

All digital modulatian methods have sharper threshold:

than analog schemes and coded dipual method b

9712

cxtremeh sharp thresholds: Inanalop systent which tase
Ll thresiords coverage s usualhy calculatea on the b
of a CNE hat v exceeded in hall the homes halt or -
ume. There i1s as yel no generally agreed-upon values for
these percentages for digital ransmission, but it is cleas
that reception must be guaranteed much more than 50% of
the time.

2) Noise Performance for Analog Data: 1n uncoded ana
log systems such as NTSC, the SNR of the recovered video
signal is exactly equal to the CNR of the transmitted signai.
In coded anslog systems, such as FM or spread spectrum,
it is possible to trade off bandwidth and SNR, although the
tradeoff is generally not as effective as in digital modulation
such as PCM. If the bandwidth of the data t0 be transmitted
is less than that of the channel, an improvemedt in SNR can
be achieved. For example, if S MHz is the usable channel
bandwidth, 107 ssmples can be toansmitted per second.
If the number of samples to be. transmitted is less than
this, the SNR of the recovered signal can be higher than
the channel ONR. With spread spectrum, if the different
original signal samples require different SNR, then another
improvement is possible by transmitting the more sensitive
samples at relatively higher power without changing the
statistical parameters of the signal in the channel {39].

3) Inserference Performance: Fox a given relative power,
analog signals interfere the least with each other when they
appear to be random noise to each other.® This is easily
accomplished with digital transmission, and is one of its
major advantages, but rarely meationed. One result is that
the threshold carrier-to-noise ratio is about the same as the
threshold carrier-to-interference ratio (CIR). Analog signals

" must be scrambled to accomplish the same end, and this is

also readily accomplished with modem technology.
During the transition period to all-HDTV broadcasting,
the interference between HDTV and NTSC is an important
consideration. Interference is mutual; If A is less interfered
with by B, it can be transmitted at lower power, thus
interfering less with B. Of course, reducing power may
reduce coverage where it is noise limited. It is much easier
to plan the location and power levels of transmitters when
uo stations are siready on the. air in the band in question.
‘When adding HDTV staticns in the spectrum now allocated
to NTSC, the problem is much-more difficult. However,
strong resistance to noise and interference is always helpful.
4} Synchronization and Accurate Carvier Recovery:
Although not a factor in spectrum efficiency, synchroniza-
tion of all clocks is & very important practical consideration.
Accurate clock recovery is vital to minimizing the BER.
The ability to synchronize rapidly and accurately in the
presence of noise, multipath, and interference is essential
1o achieving proper coverage and is a great convenience
when changing channels. One of the merits of NTSC is its
ability to synchronize under very noisy conditions, a merit

*This is one of the most scrious limitations of NTSC. Relative
randomization of the scanning patiens would have greatly improved
the interference performance. On the other hand, the known nonuniform
spestrum of NTSC can be used 1o decrease s nterfercnce into fully
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statistical parameters of the signal, such as RMS value,
autocorrelation function, etc.. are well deiéfmined and can
be used for this purpose. The use of synchronization signals
not only uses some channel capacity. but inserts some
periodicity into the signal, which increases its poteatial for
interference with other signals. As a practical matter, and in
view of the curreat state of the art, it appears than devoting
s small amount of channel capacity to this function and
accepting a slight increase in intecference are defensible
decisions. In the GA competition for the channel-coding
was able to synchronize at substantially lower CNR than the
GI scheme, which did not. This was an important factor in
choosing the former over the latter {31].

of any channcl capacity.

C. Multipath and Frequency Distortion Control

Multipath, which is a linear distortion, can be comected
by linear equalizing filters in the same manner as other
sources of frequency distortion. Noise limits the perfor-
mance of equalizers in two ways. If the uncorrected signal
is noisy, calculstion of the filter parameters must be done
slowly enough 50 as to average out the noise. Even if the
filter parameters are correct in terms of frequency response,
alngemaeuemnomwmltifdmemnur-mﬂs
in the uncorrected spectrum. For SCM, emrors are caused
both by incompletely corrected frequency résponse, which
jeads to an imperfect “eye” panem,orby‘noisc..whichalso
partially closes the eyes.

Echoes can be reduced in amplitnde, but generally not
completely removed, by use of highly directional receiving
antennas. Almost whatever modulation and error<correction
systems are used, it probably will aiways be necessary 1o
use directional antennas at those locations that otherwise
would have pesr nulls in the spectrum. _

The situation is somewhat different in multicarrier mod-
ulation (MCM) because the data on camiers received at
relatively low amplitude has a bigher BER than dats on
carriers reccived at relstively high amplitude. The data
in each transmitted block can be distribused across many
carriers (prefersbly all of them) and the performance linked
by a code. For example, the portion of the data with lower
CNR can be weighted less heavily by the decoder [30].

There is very little data available on the effect of equal-
ization on CNR in typical broadcasting situations. Recent
tests at the Advanced Television Test Ceater using seven
different combinations of echoes with a total power 7.5 dB
below the direct signal have shown that the threshold CNR
goes up, averaged over the seven echo sets, about 2.5 dB
{31]. It should be kept in mind that much worse echoes
are often encountered and that, therefore, a substantial
reduction in coverage is likely if there are large echoe
near the boundary of the service area.

1) bnplementation of the Equalizer: Equalization cat by
chrned ont i the ume domatn or the frequency domarr b
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coefficients are obtained by various methods. Sometime:
clock recovery is combined with coefficient calculation.
Some methods use transmitted reference signals and some
(“blind deconvolution™) use the main received signal itseif
as reference [32].

In the frequency domain, equalization can be accom-
plished by dividing the channel output into a large number
of narrow-band components and multiplying each by a
single complex factor. This method is based on the as-
sumption that the frequency response is eouunt CTOSS
ewhmmbmd.whchualmoﬂminly when
there are many hundreds of channels. The effect 6f such an
equalization is exactly the same as that of a correspooding
linear filter operating in the time domain. Note that in this
form of equalization, a convenient pilot signal comsists of
an assemblage of sine waves or a swept-frequency signal,
sometimes called a chirp. A convenient pilot signal for
time-domain operation is one that determines the impulse
response of the channel, such as a pulse.

Obviously, time-domain equalization is more natural for
SCM and frequency-domain correction, which generaily
is much easier to implement, is more natural for MCM.
However, there is no theoretical objection to interchanging
these techniques, since the signal can be shifted easily,
although at some expense, from one domain to the other
by means of the Fourier Transform.

A variant on the linear adaptive equalizer is the decision
feedback equalizer (DFE) [33]. If an equalizer is operating
so that the BER is low, then the channel frequency response
is known fairly accurately. If so, the trapsmitted signal can
be calculated at the receiver from the received signa! and the
known frequency response. The echo can then be calculated
and the received signal perfectly corrected by subtracting
the former from the latter. This method does not add noise
as does 8 lincar equalizer. However, to the extent that there
are ermors in the received signal, this process may increase
the erroc rate. Simple reasoning suggests that there maust
be a thweshold ONR sbove which the DFE improves the
mmmmnmum
The crucial situstion is st threshold, where the question is
whether & DFE extends or diminishes area coverage [40].

No frequency-domain DFE has been reported, but there
seems to be no resson why this method could not be used
in both systeas, if it proved to extend the threshold.

2) Equalivation of Dynamic Multipath: Rapidly changing
echoes in the presence of a good deal of noise present a
serious problem for linear equalizers, since it may not be
possible to average over a time long enough to suppress
noise in the calculation of equalizer parameters and at the
same time follow the dynamic multipath. There seems 1o be
little work reported on this issue. However, a recent paper
dealing with MCM indicates that, if the moving echoe:
are sufficiently random, they mav, indeed, be made to add
constructively {34 Presumably if large fiaed echoes could

SN
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be made to secem as though they were random, a substantial
improvement would result.

D. An Example of a Terrestrial System
Having the Desired Properties

We now present the outline of a terrestrial broadcasting
system that is “ideal” in the sense that it is intended to
meet the requirements previously discussed. It uses some
of the sechniques that were meationed earlier and is suitable
for use ecither with a centralized transmitter or in a single-
ﬁwmmmgmthehuhestpom‘ble

spectrum efficiency; thef«wgvutpmumcﬁcnency
ltleutlsgoodasmeall-dxgulwheuu It features
multiresolution combined source and channe) coding. As a
result, it supports a good transition scenario and makes pos-
sible the manufacture of relatively inexpensive receivers for
either configuration of transmitters. Coverage is extended
at the Jowest performance level and very high resolution is
achieved in regions of high signal strength. Interoperability
is good, ss the signal can easily be decoded at a number
of petformance levels, the lower levels requiring simpler
decoders. Simpler encoders can be used when broadcasting
lower-resolution material, sach as upoonverted NTSC, in
which case coverage is further extended. Hybrid ana-
log/digital transmission is used along with 2 combination
of spread spectram and COFDM for high efficiency and
good muitipath performance. Digital data is subjected to
a powerfal forward error-comrection process. An all-digital
version is available for applications that require it.

The particular system under simulation has & maximum
resolution of 768 x 1280 x 60 fps progressively scanned.
There are three levels of quality, recoverable at different
receiver CNR's, as shown in Table 1. This system is meant

- to be an example of what can be done with the methods

used, and is not a prescription for the best possible scheme
for any particular application, although it is thought to be
reasonable for use in the US with 6-MHz channels. Fig. 5
shows sample frames at the three levels of resolution. These
frames are from a coded sequence with a good deai ~f
mouon.

1) Source Coding A pyrarmid

scheme as w b 1
used A high-level Black diagran.

At one level of s

o’

is shown in Fig. 6. It is clear that the system is closely
related to MPEG. The input signal to the coder is the
difference between the filtered original and the image as
reconstructed by the receiver from the lower levels, if any.
A low-pass filter picks out the portion of the difference
signal 1o be coded. The resulting signal is downconverted
and the predicted frame at the same level is subtracted.
The prediction error is subjected to a2 wavelet transform
(any other transform might be used) and the coefficients
to be retained are then adaptively selected. The selected
coefficients are transmitted as analog samples and the
adaptive selection information is transmitted digitally,’?
using less than ope bit/sample.

The predicted frame consists of the previous frame plus a
motion-compensated coded version of the predicted change
from the last frame to the current frame. Fig. 6 shows
the motion estimation being perforined by comparing the
current frame with the reconstructed previous frame at
this coding level. In all likelihood, the final system will
calculate the motion vectors directly from the original
high-resolution video, using an incremental scheme for
the motion information required at each level. Finally, the
recoustructed frame is upconverted and subtracted from the
input signal to form the input signal for the next level. The
decoder at the receiver consists of the elements within the
dotted lines.

mmmampymmmzmgm
all-digital transmission at s gross dats rate of about 10 Mbvs,
including andio, forward emror comrection, and ancillary
data. The net comected video dats rate is something less
than 4 Mtvs. MPEG coding permits advantage to be taken
of available chips. In the simplest receiver, the entire source
decoder would coasist of a single such chip. The higher
levels of the coder generate analog coefficient amplitudes,

33This means that the amplitude and ideutification of the coeflicicats
e not jointly coded, as in MPEG, and that the comelation between these
two values is not fully exploited in the compression scheme. Muchs of this
apparent correlation is related to the fact that the selected coefficients are
larger and more numerous at lower spatial frequencies and smaller and less
cumerous at higher spatial frequencies. The sparsity of higher-frequency
cocthicients 15 heavily exploited in the vecior coder used to transmit the

sdenufication of the selected coefficients The overall cffici-nev of coding
e wetliowenar snformanon 1y ar least as fugh asin MPEC
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Fig. 6. One Level of the Pyramid Source Coder/Decoder. The video dasta for the current frame that was not coded at Jower Jevels is processed by a
low-pass filter, providing the data (s) 1o be coded at this level. The predicted current frame (b) is then subtracted from the LPF ostput. The resultant
peedictioa ervor (¢) ( the “residual™) is subjected 10 & wavelet traasform (any other wransform could be used) and the “important™ coefficients then selected
in & quentity such a2 not 1o excoed the aflowed transmission capacity, which is 2.5 Msamples/s each for levels 2 and 3. Motioa vectors are estimated
by compariag the actoal current frame with the reconstructed previous frame (f) in the motion estimator. (Motion estimation can be performed in many
different ways.) Motion vectors plus cocfficieat selection data go © the digital input of the chanuel coder, while selocted transform coefficients go to
the amslog input. Complete domding for cach level, using a2 method ideatical 10 that of the receiver, is required st the emcoder in order to produce the
mmmummmmmmmwmmmudmmmm
nMWdﬁg&WMm@)wmmmw@lummlbed.ndﬁm&epwwuslcvelto
produce the data for the next.level, if used. For the' purposes of this explanation, it is sssumed that there is no delay in any module except the delay

module and the motion-compensated predictor. Physical implementation as a pipeline processor requires additional delay modules.

digital ooefficient selection data, digital motion vectors,
and ancillary data, together with additional audio data, if

Embellishments as used in MPEG and similar systems
may, of course, be used bere as well. For example, predic-
tion can be bidirectional (at the cost of additional storage)
the better to deal with newly revealed aress, a decision
between inter- and intraframe coding can be made on a
frame-by-frame or block-by-block besis, and the coding
can be adapted o' the frame rite of the original, as for
24-fps film [35). On scene changes, the prediction exyor is
mnymm«ﬂnnf«mmﬁm.bmm
dmgesanbespwdomoveuevaalﬁ:mesmmmiu
thepeakdanmﬁfemmmdnngesunbeﬂagged.

2) Channel Coding: The transmission uses the constella-
tion shown in Fig. 7. It is a nonuniform 64-PSK scheme
with 5 Msymbols/s, for a gross data rate of 30 Mb/s>
and a pet emror-free data rate of about 12 Mb/s. Digital
data sets the angle of the constellation point, and analog
data (actually a constant plus the bidirectional coefficient
pulse stream at 5 Msamples/s) sets the amplitude. Three
digital streams, each of 4 Mb/s, are fed into the three

¥ We cannot. of course, expect ta recerve 30 Mb/s with a usably smail
error rate except at very high CNR In order for uelhs coding 1o b
a hiph coding gnn at a parnicuiar CNE the equivalent e SO ey

what cosent i the chamme ! must b bt

V7

identical error-correction systems, each consisting of an
outer (rate .8) Reed-Solomon coder and an inner (rate .5)
trellis coder. The output of each of the systems is a four-
level (2 bits/sample) stream at S Msymbols/s. The three
outputs are combined to produce a 64-level signal that
determines the angle of the constellation point.

This particular constellation is used because it allows
nearly independent decoding of analog and digital data.
For the lowest level, with a gross digital dsta rate of 10
+ Mb/s and a net error-corrected data tate of only 4 Mb/s, the
_ constellation looks like 4-QAM or 4-PSK, and is very easy

" “to decode. In addition, it is quite robust in the presence of
£ phmmltahmﬂdﬂdhmﬁwdedgnoﬂasexpeumvc

MVC(S.

Thcchannelcodensshownmﬁg. 8. The two streams of
analog data from levels two and three of the pyramid coder,
each of about 2.5 Ms/s, are weighted, added, and input to
the spread-spectrum modulator (SSM). The output of the
SSM is an analog data stream at 5 Msamples/s in which
each sample is a linear combination of a large number of
successive analog coefficients, weighted in such a way that
the coefficients of level 2 are recoverable at a lower CNR
than those of Jevel 3, and that the relative SNR of the
recovered coefficients 1s optimum according to their spatal

froquency The three steams of dipuial data are processedd
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by the FEC as previously described, and then combined
with the output of the SSM to form a complex hybrid
symbol stream at S Msymbols/s. The latter is input to the
COFDM processor, which produces a baseband version of
the signal for input to the transmitter [36].

The corresponding receiver is shown in Fig. 9. The
receiver generates the modulated signal at baseband, cor-
rupted by noise and frequency distortion in the channel. The
- COFDM demodulator prode®s a version of the complex
- hybrid symbol stream, and the properties of the channel
(gain, phase, and CNR for each carrier) are estimated on a
continuing basis. The amplitude of the demodulated signat
is passed to the spread-spectrum demodulator (SSD) along
with the channel estimate to produce the coefficients for
levels 2 and 3. The phase of the demodulated signal is
passed to the demultiplexer, which also makes use of the
channel estimates, and is then separated into the three
original streams. These are decoded by the error-comection
analog and digital signals are used in the pyramid decoder
10 generate the several levels of the video signal.

Two key performance measures for the digital part of the
system are shown in Fig. 10. The BER of each of the three
data streams, as a function of the CNR in a cheanel perfect
except for noise, is depicted by the solid lines, using the
left-hand scale. Notice that the thregholds are separated by
10 to 12 dB. As expected, the performance of each stream
is not as good as if that stream had been transmitted by
itself, and the performance of all three is limited by the
analog data that was added to the digital data. The weighted
average SNR. of the recovered analog information of the
upper two levels is shown in the right-hand scale. Note
that the two formus of data are nearly independent, since
the phase and amplitude can be decoded separately. The
added analog data has some cffect on the BER| as doe the
channe} noise.

Note that the thresholds for the three levels of quahity are

About 617 gnd 20 4B when mansentted ar full resoluties
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Fig. 8. Channel Coder. Digital data from the three levels is
processed by three ideatical forward-error-corroction modales,
esch cousisting of s 8 rme Reod-Solomon block coder plus 2
S rete trellis (convolational) coder. The coded data is weighted
and combined in the mulkiplexer 0 give the desired 4 of the

per socond. The asalog ead digital data streams are combised and
input to the OFDM processor, whose outpist goes to the transemitter.

When transmitting at the lowest resolution only, as for
upconverted NTSC, simple 4-PSK is used and the threshold
is about 3.2 dB. When transmitting the two lowest levels
only, the thresholds are about 5.5 and 15.5 dB.

The dotted lines in Fig. 10 show the performance of both
the digital and the analog transmissions in the presence of
of echoes. The particular collection of echoes used was
one of those used by ATTC in their recent tests of the ali-
digital systems—the one we judged to be most difficult.
Comparison with the solid lines permits an assessment of
the degradation of threshold caused by multipath. Note that
the quantification of the relative performance of single-
and multiple-carrier modulation systems in the presence of
multipath is a question that has generated a certain amount
of controversy. This measurement is the start of an attempt
to answer that question in an empirical manner. The echo
results are preliminary.

3) All-Digital Versiorn: For changing this scheme to all-
digital, while preserving the maximum similarity so as
to enhance interoperability between the digital and hybrid
versions, the coefficients need simply to be quantized with
an sppropriate number of bits/sample and then entropy-
coded if desired. Spread spectrurh can still be used so
as 10 have two thresholds for the coefficients; the three
thresholds for the data that is transmited digitally in the
hybrid version are onchanged. The main effect of using
all-digital transmission is that the channel is used less
effectively so that somewhat higher CNR is needed in an
analog channel for the same picture quality. On the other
hand, full digital representation may have some advantages,
such as allowing the use of digital VCR’s.

V' CONCLUSIONS

We have analyzed the performance factors of an ad-
vanced television system for terrestrial broadcasting in
e BIS (hat are required 1o maximize its acceptability
©» the vanous stakeholders. The latter include regulators.

e G7
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bancmbae A

Pan Dietan

t
bah Deday Plhae

Phase Atten - ERIEH AL
i 0.00 s 286 deg 20 B - U000 s 288 deg 20 db
2 1.80 us 180 deg 0dB 175 pr 180 deg 0du
3 1.95 us G deg 20 dB 1.947 ps 0 deg 20 dB
4 360 ps 72 deg 10 dB ; 3.60 ps 72 deg 10 dB
S 7.50 ps 144 dep 14 dB 3 7.50 us 144 deg 14 dB
6 19.80 ps 216 deg 18 4B 6 19.70 us 216 deg 18 dB
Ensemble C Ensembiec D
Path Delay Phase Atten Path Delay Phase Attn
1 0.00 us 288 deg 18dB 1 0.00 us 288 deg 20dB
2 - 1.80 us 180 deg adB 2 1.80 us 180 deg 0dB
3 1.95 us 0 deg 20 dB 3 195 us 0 deg 20 dB
4 3.60 ps 72 deg 20 dB 4 3.60 ps 72 deg 18 dB
5 750 ps 144 deg 10 dB s 750 ps 144 deg ' 14 4B
6 19.80 us 216 deg 14 dB 6 19.80 us 216 deg 7 /10 dB
Ensetbie E Exnsemble F
Path Delay Phase Ao Path Phasc Alto
1 0.00 us 288 deg 20 48 1 0.00 us 288 deg 0dB
2 1.80 us 180 deg 0dB 2 020 us 180 deg 1048
3 1.95 us 0 deg 14 4dB 3 1.90 us 0 deg 14 4B
4 360 us T2 deg 10dB 4 390 ps T2 deg 18 dB
5 150 ps 144 deg 20 4B by 820 ps 144 dep 20 dB
6 19.80 us 216 deg 18 B € 15.0 us 216 deg 20dB
Ensemble G
Path Delay Phase Atun
1 0.00 us 180 deg 19 dB
2 0.20 us 0 deg 0dB
3 028Bus « 180deg 248
4 035us ¥ 180deg 1748
s 0.50 us 180 deg ,2dB
6 0.80 us 180 deg 19 dB

These are the seven collections of echoes used in the ATTCtests of the all-digital systems. The Zenith system suffered sbout a 2.5 B increase in
wwmmnmwm.mmminﬁ? 10 used only Collection D, which we judged to be the worst.

broadcasters, equipment manufacturers, program producers,
and the viewing public. The factors that emerge as most
important are spectrum efficiency, coverage versus quality,
cost, interoperability, and the existeace of an acceptable
transition scenario. As a result of this analysis, we find
that existing proposals do not meet all the requirements,
and 30 we have proposed an alternative. The latter makes
use of hybrid anslog/digital transmission together with joint
source and channel coding. It provides several levels of
quality according to receiver cost and signal conditions and
supports single-frequency operation. A simple receiver can
be used for the lowest level of quality, and omnidirectional
antennas can be used in most Yocations.

APPENDIX

MISCONCEPTIONS ABOUT DIGITAL BROADCASTING

Digital processing has many well known advantages over
analog processing. For this reason, digital signal processing
15 already widely used in the TV studio. Digital videa
tape recorders are now common and, of course, a digial
signal representation 15 needed 1o utilize these machine:,
There s also no donh thay digital cource coding 16 superior

978

to analog source coding. For this reason, all the earlier
proposed HDTV systems, including MUSE, which uses
analog channel coding, use digital source coding. The real
issue is whether all-digital transmission is required in order
to achieve the high compression ratios made possible by
digital source coding. The answer is no, as evidenced
by the hybrid system described above in Section IH-D.
Hybrid transmission permits compression comparable to
that astainable with digital transmission. At the same time, it
permits better utilization of the transmission capacity of the
tesrestrial broadcasting channel, which, sfter all, is purely
analog. This and other aspects of digital transmission are
discussed in the following paragraphs.

A. Utilization of Channel Capacity

This is not an easy subject to address, since there are
$0 many variables and so many differences in the func-
tional characteristics of digital and analog systems. This
discussion is, therefore, open to varying interpretations.

An analog HDTV video signal, such as that of the NHK
“studio” system, has a bandwidth of about 32 MHz. To fit
ths within an analog 6-MHz channel requires a bandwidth
compression rauo of 5.3, Narrow MUSE atiwns a rane o
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data are fod 0 the source decoder 1 reconstruct the image.

4:1 by reduction in diagonal resolution together with a kind
of temporal interlace, the latter being made acceptable by
motion-sdaptive interpolation. The balance of the required
compression ratio is achieved by reduction in vertical
resolution to 750 lines. Digital systems of comparable
picture and sound quality to that of Narrow MUSE, on
the other hand, have an uncoded data rate of more than
600 Mb/s, and use about 17 Mb/s for coded video in
the channel, for a cogapression ratio of about 40. Since
digital systems arc designed to operate with a threshold
CNR of about 16 dB, while Narrow MUSE needs about 40
dB, a valid comparison must use a digital channel coder
reconfigured to have a threshold of 40 dB. That raises
the transmission rate by & factor of 40/16, or 2.5. In that
case, the digital source coder would need a compression
factor of 16, rather than 40. This can be compared with the
value of just 5.3, as needed by an analog system of about
the same quality. This comparison between bandwidth
compression in an analog system and data compression
ratio in a digital system is valid because the noise on
the uncompressed analog video has the same effect as
channel noise in the kind of coding system used in Narrow
MUSE. The ratio 16/5.3 is therefore a measure of the
inefficiency of digital transmission in the analog channel
Thus digital transmission is less, not more, efficien: than
analog transmission in this case. Purthermore, at receiving
points where the CNR threshold for digital transmission
is exceeded, and where the analog system is capable of
effective utilization of the additional channel capacity by
producing better pictures, the performances of the two kinds
of systems diverge even more. Finally, the analog system

- preserves usable service at CNR’s that cause the all-digita!

schemes to fail entirely.

33 For this example, we take a digital system of resolution 720 x 128
x 60 fps progressively scanned, with the chrominance resolution set at
half the luminance resolution in both directions. The compressed data raie
is that of the AT&T/Zenith system. The inefficiency comes from mar
sources, including transmission at less than the Shannon rate, heavy orr
correction, more audio data, and, perhars a less efficiens dewenpens
the fundamental mage information
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Fig. 10. Noise Performance, With, and Without Echoes. Solid
wmance in the preseace of echoes from Collectioa D of Table 2. The
BER, af\er arror cotrection, is shown at the lefk for cach of the threc
digital data streams, as 8 function. of recciver ONR. The
aversge SNR of the recovered analog signals is shown at the right
for the two higher levels. These echo results are preliminary.

B. Noise and Interference Rejection

It appears that joumnalists writing about the “digital
revolution™ have a vision of distinct ones and zeros (pulses
and no pulses) traveling through a channel and being
cleaned up by clipping out the noise after reception. Of
course, this is not the case in broadcasting. In order to
achieve a transmission rate anywhere near the theoretical
capacity, large numbers of successive bits must be coded
together, complex analog waveforms must be used to
represent the blocks of data, and extensive error correction
must be used.

Even some of those who do understand the technology
persist in making the unqualified statement that digital
transmission is more resistant to noise than is analog.
This is misleading, since it is only true if the attempted
transmission rate is far below the channel capacity. The
quantization noise introduced by digital transmission is
always larger than the noise that can readily be clipped out.
For a valid compaerison, the transmission rates of the digital
and analog systems must be equal. It has never been proven,
and probably is not true, that for a given transmission rate
in a channel of given capacity, digital transmission is more
resistant to noise than analog.3

Noise rejection by clipping®’ is confined to applications
in which the transmission rate is well below the channel
capacity. In proposed digital cable systems, many programs
are to be transmitted on one wire at rates as close to the

3When we speak of the “transmission rate” of an analog sigual,
we must also give an emor crilerion. A good example would be the
case discussed above where a comparison was made berween Narmow
MUSE and an all-digiial system, in which the apalog transmission in the
noisy channel produced pictures of about the same quality as the digital
ransmussion.

s argument 15 not confined 1o simple hard-decision decoders Tt
applics equally to more sophisticated schemes in which, at the final
Sron level, a choice is made as to which message wae tost hikely te

v been went paven the received signat and pethapy
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channel capacity as practical and with poad error cotrection
To use repeaters in that case, compiete demodulation.
decoding 10 a baseband digital data stream, and recoding
would be required at every repeater, a procedure thal
would be impossibly expensive. In any event, the ability
1o regenerate digital signals many times in a long series
of repeaters with simple reshaping and negligible effect on
the BER, which might be applicable to some kinds of long-
distance relaying applications, is not relevant to terrestrial
brosdcasting, where repeaters are not used.

C. Multipath Rejection

One does not see ghosts in digital television pictures, and
perhaps this is the reason why some observers have come
to believe that digital transmission suppresses ghosts. In
fact, the presence of ghosts, even of rather small amplitude,
raises the BER t0 such a degree that digital transmission be-
comes impossible. Ghosts must first be removed in order to
permit digital transmission at any useful rate. This is done
by some kind of equalization, as discussed in Section III-C.
Ironically, should an analog channel be properly equalized,
then analog transmission will give greatly improved picture
quality. To some extent, this will be done with the “ghost
eliminators™ that have been developed for NTSC [37].
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